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This invention relates to a system for pattern nnatching on the frequency axis, for use in speech recognition 
equipment. 

5 Known pattern matching systems comprise input means to receive signals which are a function of an input 

speech signal, reference signal means for producing a reference signal representative of input speech, com- 
parison means for making a comparison between the signals from the input means and the reference signals, 
and adaptive control means for adapting the signals used In the comparison in dependence upon the result 
thereof. 

10 An adaptive system of this kind is described in ICASSP 79, IEEE Intemational Conference on Acoustics, 

Speech & Signal Processing, Washington, 2nd-4th April 1979, pages 566-569. IEEE, New York, US ; H. Mat- 
sumoto et al : "Frequency warping for nonuniform talker normalisation". The reference discloses a non-linear 
spectral normalisation technique which eliminates inter-speaker differences from frequency band limited 
speech. A frequency normalised distance between a test and a reference spectrum is defined on the basis of 

15 minimum mean square difference calculations performed over a number of different frequency warping func- 
tions. 

Also, a linear transformation of an autocorrelation function is known per se from J. Acoust Am Vol 68 (1 980) 
Oct., No. 4 New York pages 1071-1075. 

In practice, when speaker-independent speech recognition apparatus performs pattem matching, it nor- 
20 malises individual differences which are present on both the frequency axis and the time axis. An example of 
a prior-art system of pattem matching on these two axes Is disclosed in the paper "Speaker-Independent Spo- 
ken Word Recognition Based on Time-Frequency-Intensity Warping of Spectra", Nakagawa et al. The Trans- 
actions of the Inst, of Electronics and Communication Engineers of Japan '81/2 Vol. J64-D No. 2. This method 
performs dynamic-programming matching (DPM) on the frequency axis and time axis of discrete output values 
25 from bandpass fdters. 

A problem with this pattem matching system is that since it uses features obtained from the output of a 
bank of bandpass filters, It has difficulty In handling the details of frequency patterns accurately. Another method 
uses the fast Fourier transform (FFT) instead of a filter bank, but this method has the problem of confusing voice 
pitch effects with vocal-tract effects, and can provide only inexact results. A difficulty associated with speech 
30 recognition is that speech signal contains rapid changes along frequency axis. 

With a view to overcoming these problems and difficulties, the present Invention provides a pattem match- 
ing system wherein the signals received by said input means comprises linear predictive analysis coefficients 
of the input speech signal ; and Including transfonmation means including means for providing a series of out- 
puts corresponding to the frequency transformation performed by a sequence of all-pass filters on a unit 
35 impulse, means for receiving the linear predictive analysis coefficients for use as respective tap coefficients 
for weighting said outputs, and means for combining the resulting weighted output signals to provide frequency 
transformed linear predictive analysis coefficients ; the reference signal means being operative to output linear 
predictive analysis coefficients corresponding to a frequency transformed reference signal derived from linear 
predictive analysis coefficient of a reference speech signal, and said adaptive control means including means 
40 for calculating a distance between the respective linear predictive analysis coefficients from the transformation 
means and the reference signal means, means for controlling the values of at least one of the frequency trans- 
fonmed signals such as to minimise said distance, and means responsive to said distance for generating a pat- 
tem matching residual on the frequency axis. 

Thus, the present invention utilises linear predictive analysis coefficients, which are frequency transformed 
45 for use in the adaptive matching procedure. 

In order that the Invention may be more fully understood, emtxxliments thereof will now be described by 
way of example with reference to the accompanying drawings in whk:h : 

Figure 1 is a block diagram showing a pattern matching system of an embodiment of this invention ; 
Figure 2 is a diagram of the internal structure of the spectrum matching (SPM) section of the embodiment 
50 of Figure 1 ; 

Figure 3A and Figure 3B show the intemal structure of the frequency transfonmation sections In Figure 2; 
Figure 3C is a diagram combining Figure 3A and Figure 3B to show the frequency transformation sections; 
Figure 4 Is a block diagram showing an example of the parameter deciston section 33 of Figure 2 ; 
Figure 5A is a schematic diagram of the intemal structure of a filter for finding the variations gi(n) ; 
55 Figure 5B is a schematic diagram of a modification of the filter of Figure 5A ; 

Figure 6 explains the pattem matching process perfomned in the 0PM sectksn ; 

Figure 7 is a schematic diagram showing another example of the structure of the frequency transformation 
sections ; 
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Figure 8 Is a block diagram explaining the principle of operation of another embodiment of this invention ; 
Figure 9 is a schematic diagram of this embodiment ; 

Figure 10 Is a block diagram showing a modification of the frequency transfomr^ation circuit ; 
Figure 11A and Figure 11B are characteristic ounces showing experimental data for the frequency trans- 
5 formation circuit of Figure 10 ; 

Figure 12 is a block diagram for explaining the principle of operation of another embodiment of the fre- 
quency transformation circuit ; and 

Figure 13 is a block diagram showing the embodiment of Figure 12. 

Figure 1 is a block diagram showing an embodiment of this invention. In this figure the numeral 1 denotes 
10 a memory for storing linear predictive coefficients obtained as features from an input speech signal (input pat- 
tern), 2 denotes a memory for temporarily storing linear predicitive coefficients obtained as features from a refer- 
ence speech signal (standard pattern), 3 denotes a spectrum pattern matching (SPM) section that performs 
pattem matching on the frequency axis based on the signal output from the memories signals from these all- 
pass filters by tap coefficients, and an adder for adding the signals obtained from these meaps. 
15 With this structure, the parameters defining the transfer characteristics of the all-pass filters are selected 

according to a desired purpose, and the tap coefficients are set in accordance with desired sample values 
depending on the desired purpose. In consequence, a transformation is effected between the frequency struc- 
ture of an input signal and the frequency structure of a time series obtained as an output signal from a unit 
impulse input. 

20. The frequency transformation circuit of the above structure has the ability to perform a variety of frequency 

structure transformations. 

According to another aspect of the invention, there is provided a frequency transformation circuit which 
comprises storage means for storing parameters defining the designated transfer characteristics of a plurality 
of all-pass circuits, a parameter determining the size of a frequency transformation to be performed on an input 
25 signal, and constant values of a unit impulse series ; and multiply-add means for multiplying and adding these 
constant values with the input signal. 

With the above structure, the constant values necessary for frequency transformation of the input signal 
are read from the storage means wherein they are stored. The multiply-add means performs a multiply-add 
operation on the input signal and corresponding constant values, as a result of which a frequency-transformed 
30 output signal is obtained. 

The frequency transformation circuit of this configuration is simple in structure, and small-sized. 

BRIEF DESCRIPTION OF THE DRAWINGS 

35 Fig. 1 is a block diagram showing a pattem matching system of an embodiment of this invention. 

Fig. 2 is a diagram of the internal structure of the SPM section of the embodiment in Fig. 1. 

Fig. 3A and Fig. 3B show the internal structure of the frequency transformation sections in Fig. 2. 

Fig. 3C is a diagram combining Fig, 3A and Fig. 3B to show the frequency transformation sections. 

Fig. 4 is a block diagram showing an example of the parameter decision section 33 of Fig. 2. 
40 Fig. 5A is a shematic diagram of the internal structure of a filter for finding the variation gi^n). 

Fig. 58 is a schematic diagram of a modification of the filter of Fig. 5A. 

Fig. 6 explains the pattem matching process performed in the DPM section. 

Fig. 7 is a schematic diagram showing another example of the structure of the frequency transformation 
sections. 

45 Fig, 8 is a block diagram explaining the principle of operation of another embodiment of this invention. 

Fig. 9 is a schematic diagram of this embodiment 

Fig. 10 is a block diagram showing a modification of the frequency transformation circuit. 

Fig. 11A and Fig. 11B are characteristic curves showing experimental data the frequency transformation 

circuit of Fig. 10. 

50 Fig. 12 is a block diagram for explaining the principle of operation of another embodiment of the frequency 

transfonmation circuit. 

Fig. 13 is a block diagram showing the embodiment of Fig. 12. 
DETAILED DESCRIPTION OF THE EMBODIMENTS 

55 

Fig. 1 is a block diagram showing an emt>odiment of this invention. In this figure the numeral 1 denotes a 
memory for storing linear predictive coefficients obtained as features from an input speech signal (input pattern). 
2 is a memory for temporarily storing linear predictive coefficients obtained as features from a reference speech 
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signal (standard pattern). 3 is a spectaim pattern matching (SPM) section that performs pattern matching on 
the frequency axis based on the signals output from the memories 1 and 2. and 4 denotes a time pattern match- 
ing (DPM) section that performs pattern matching on the time axis, based on the output signals from the SPM 
section 3. by means of DP matching, and supplies the memories 1 and 2 with data m. k specifying time, so 
that the memories 1 and 2 produce the input data of the specific time. 
The operation is explained next. 

The memory 1 receives a set of linear predictive coefficients a(m) = W^K b^^"^) apt"")} (m = 1, 2 M ; 

time) of the input speech signal on_which pattern matching is to be performed, and sends to the SPM section 
3 the linear predictive coefficients a(m, for the time specified by the signal m from the DPM section 4. Similariy. 

the memory 2 receives a set of linear predictive coefficients a(k) = {aQ^^>, ii^ ap(^>} (k = 0, 1 K ; time) of 

the reference speech signal and sends to the SPM section 3 the linear predictive coefficients a^ij) for the time 
specified by the signal k from the DPM section 4. The SPM section 3 performs pattern matching on the frequency 
axis with_regard to the linear predictive coefficients if^) of the input speech signal and the linear predictive coef- 
ficients a(k) of the reference speech signal. The residual de that remains is sent to the DPM section 4. Based 
on the residual de from the SPM section 3. the DPM section 4 perfonns pattern matching on the time axis by 
DP matching, and generates final output of the residual D of pattern matching on t>oth the frequency axis and 
the time axis. 

The internal structure of the SPM section 3 is shown in Fig. 2. The SPM section 3 comprises two frequency 
transformation sections 31 and 32, a distance calculation section 34, and a parameter decision section 33. The 
frequency transformation section 31 for the input signal receives the linear predictive coefficients a(m) and gen- 
erates output of a set of linear predictive coefficients resulting from frequency transformation according to 
a variable all pass filter parameter a received from the parameter decision section 33, The frequency transfor- 
mation section 31 in Fig. 2 receives the all-pass filter parameter a from the parameter calculation section 33, 

continuously controls the frequency, and outputs d(m) = do(m), di(m) aq(m)}. The parameters a determine 

the amount of frequency variation. The frequency transformation sectk>n 32 for the reference speech signal 
receives the reference speech linear predictive coefficients a = {io. a, ip}, performs a frequency transfor- 
mation by the same process as in the frequency transformation section 31. and outputs the reference linear 
predictive coefficients 

a = {30. 3i Sq). 

The frequency transformation section performs a standard frequency transformation. The parameter oo 
used for the transformation is fixed. In this embodiment, the standard transformation is a transformatton to a 
psychological scale (mel frequencies). 

Fig. 3A shows the structure of the frequency transformation section 31 of the input speech signal. The fre- 
quency transformation section 31 comprises all-pass filters 31 z. multipliers 31c. and adders 31 a. The frequency 
transformation section 31 is identical to an FIR filter except that delay elements in an FIR filter have been rep- 
laced by the all-pass filters 31z. The frequency transformation section receives linear predictive coefficients 
as tap coefficients. The impulse response of the all-pass filters 31z is the set of linear predictive coefficients 
^(m) = {^0^'"*. Sitf") 5p<'")} after frequency transformation. The frequency transformation section 32 of the refer- 
ence speech signal is similar. 

The general form of the transfer function of an all-pass filter is : 

a/ 

A"(z) ="l,T[ (z'^ - c^i2"b (1) 

Fig. 3B shows an example of the structure of an all-pass filter. The order of the filter shown is N, with each 
section comprising adders 301 and 303, multipliers 304 and 302 for the parameter a. and a delay element 305. 
In this embodiment the all-pass filters In each stage have the same order. If a first order all-pass filter is used, 
the relation between aj^j and ^(ni) is : 

= = .-ill-''' Z -«)/(! -«z-l))jd^ (2) 
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The frequency 9 in the a („,) is transferred in a to : 

CD = tan-H{1 - a2)sine/2 + (1 + a2)cos0} (3) 

5 Fig. 3C is a diagram conr^bining Fig. 3A and Fig. 3B to show the frequency transformation section 31. 

The principle of operation of the frequency transformation section will be explained with reference to Fig. 

3C. 

The numeral 41 denotes an input tenminal for the parameter a determining the amount of frequency trans- 
formation. Reference 42 denotes an input terminal for a digital unit Impulse series {1. 0 0), 43-0 to 43-P are 

10 input terminals for the linear predictive coefficients of the input signal. 31c-0 to 31c-P are multipliers. 31z-1 to 
31z-P are all-pass filters, 31a-1 to 31a-P are adders, and numeral 47 denotes an output terminal. 

The all-pass filters 31z-1 to 31z-P comprise an adder 301 , a delay element 305 a multiplier 302 a multiplier 
304 and an adder 303. 

The frequency transformation circuit with this configuration operates as follows. First a constant value a 

15 is received through the input terminal 41 and a unit impulse series (1. 0 0) of P 1 samples is received 

through the input temninal 42. At point 49-0, accordingly, the input is a unit impulse series, while at points 49-1 
to 49-P the input is a series of constant values comprising the constant value a and a unit impulse series. The 
multipliers 31c-0 to 31c-P and the adders 31a-1 to 31a-P perform a multiply-add operation on the constant 
values at the points 49-0 to 49-P and the input signals received through the terminals 43-0 to 43-P to obtain 
20 the sum of the products of the constant values at the points 49-0 to 49-P and the Input signals received at the 
Input terminals 43-0 to 43-P and this sum becomes the output at the output terminal 47. The output is a time 
series representing the frequency transformed signal. 

After frequency transformation, the distance calculation section 34 In Fig. 2 calculates the distance (differ- 
ence) d between the two sets of the linear predictive coefficients and S^^) by the following formula : 



- ^ - (-) _ - (k) ^ -% ^^^) 



(4) 



The distance d obtained as the result is sent to the parameter decision section 33. 

The parameter decision section 33 continuously updates the parameter a using the nonlinear-parameter 
35 least-squares method to minimize the distance d. When the circuit shown in Fig. 3B is used as the all-pass 
filter, then if a<n> is the all-pass filter parameter a after the n-th update and d(n, = {do(n). di(n) ciq(n)} is the dis- 
tance d after the n-th update, then the parameter a(r>^i) after the next update is given by : 

W(n*l) = ^(n) -lcx(n) 



^(n) = Z dj(n)'g.(n)/^(g.(n))2 



(5) 



The parameter decision section 33 receives the distance 

d(n) = {do(n).di(n) d,(n) d,(n)} 



and outputs the parameter a(n + 1) after the update. An example of the parameter detemning section 33 is 
shown in Fig. 4. As illustrated, the correction amount 5a(n) is calculated at a correction amount calculator 33i. 
55 from the output g^n) of a gradient filter 33h and d((n)- The parameter a(n + 1) after the update is determined at 
an adder 33k. from the present parameter a(n) stored in a register 33j and the correction amount 5a(n) from 
the correction amount calculator 33L 

The gradient filter 33h detenmines the variation g^n) of with respect to a(n). 
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An example of a filter for determining variations g^n) of ai with respect to a(n) is shown in Fig. 5A. This filter 
comprises all-pass filters (A(z)) 33z (substituting delay elements in an FIR filter), multipliers 33c. adders 33a, 
and a differentiating filter (A'(z)) 33d. The variations gi(n) are obtained as a time series from the impulse response 
of the filters shown. In Fig. 5A the differentiating filter 33d is located on the output side, but it could also be 
located on the unit impulse input side as shown in Fig. 5B, That is, the differentiating filter 33d is placed in a 
prestage before the FIR filter 33f configured similariy to the frequency transfonmation circuit. The output of this 
differentiating filter 33d is a constant value corresponding to the input unit impulse and the input parameter a, 
and the variation g can be obtained by a simple multiply-add calculation using a ROM circuit. More specifically, 
the variations gi(n) are given by a time series according to the impulse response of the filter : 



- l)/(l -^(^^2-I)2dz (6) 

20 The initial value of a is set equal to the fixed parameter oo of the frequency transformation section 32 for 

the reference speech signal. 

When the difference between the parameter a^n) and the updated parameter a(n+i) is such that |{a(r^i) - 
a(n)}/a(n)| < £ (where s is a threshold value), the distance calculation section 34 generates the output de accord- 
ing to the following fonnula : 



f^i(n*l)^^ (7) 



This de is the residual left after adaptive frequency control to minimize the distance of the input linear pre- 
dictive coefficients a. That is. d, is the residual resulting from pattern matching of the input signal and reference 
signal on the frequency axis. 

Let de(m, k) be the residual resulting from pattern matching on the frequency axis performed by the SPM 
35 section 3 on the linear predictive coefficients a(,„) of the input speech signal and the linear predicth/e coefficients 
a(k) of the reference speech signal. 

Fig. 6 shows how the DPM section 4 performs pattern matching on the time axis on the basis of this residual 
de(m, k). The values of de(m, k) are located at the grid points in Fig. 6. The DPM section 4 determines the path 
from the point (1 , 1) to the point (M, K) that niinimizes the sum of the de(m. k) : 

40 

de(a, k). 

This sum is detenmined by a recursive fonmula, the partial sum D(m, k) being given by : 

D(n. k) = minVD(m. k-1) * doCm, k) 

D(«-l. k-1) - 2dc(m, k) (8) 
D(i»-1. k) - dc(«, k) 

55 where D(0, 0) = 0. D(m. 0) = oo(m i»t 0). D(0, k) =oo(k 9^0). de(M + 1. K + 1) - 0. The final pattern matching resi- 
dual De is : 



De = D(M + 1, K + 1)/(M + K) (9) 
6 
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The DPM section 4 generates this residual De as its output 

The pattern matching method of the DPM section 4 described above does not impose any restrictions on 
the path, but it is also possible to determine D(m. k) as : 



D(b. k) = 



1. 


k-2) 


> 3de(«. 


k) 




1. 


k-1) 


* 2de(ii. 


k) 


(10) 


2. 


k-1) 


* 3de(«. 


k) 





where D(0. 0) = 0, D(m. k) = oo when m ^ 0 and k^O, D(m, k) = oo when m ?t 0 and k ^ 0. and de(M + 1. K 
-*- 1) - 0, and obtain the pattern matching residual 

De = D(M + 1, K + 1)/(M + K). 



The embodiment described above uses a method of controlling the parameter a of the SPM section 3 in 
which all the initial values are a = oo (constant), but it is possible to hasten the convergence of the parameter 
20 a by using as the initial value the converged value of the previous stage. 

For simplicity, in the frequency transformation sections 31 and 32 of the SPM, the all-pass filters A(2) (31 z) 
in all stages had the same parameter a, but it is also possible to use an all-pass filter (31 'z) having a differing 
configuration (parameter value or order) in each stage. Fig. 7 shows an example of such a configuration. 

Similarly, it should be clear that different conditions can be used as the DPM path restriction conditions. 
25 In addition, although linear predictive coefficients were used as features in the foregoing description, linear 

predictive cepstral coefficients, linear predictive melcepstral coefficients, or other coefficients obtained by the 
linear predictive method could be used instead. The term "linear predictive analysis coefncient(s)'' as used in 
the appended claims should therefore be construed to cover such alternatives. 

Furthenmore, in the preceding embodiment the parameter a of the frequency transformation section 31 of 
30 the input speech signal (input pattem). which is the delay (frequency transformation amount), was adaptively 
controlled, but it is also possible to adaptively control the delay of the frequency transfonmation section 32 of 
the reference pattern, or to control the delays of both frequency transfonmation sections adaptively. although 
that would require an increased amount of computation. 

In the above configurations, pattern matching functions are provided for both the frequency axis and the 
35 time axis and pattern matching is performed simultaneously on these two axes using linear predictive analysis 
coefficients, so the matching process is accurate and simple. As a pattern matching method for use in spea- 
ker-independent speech recognition apparatus, this method can be expected to improve the recognition rate. 

Fig. 8 and Fig. 9 show another emt>odiment of this invention. Fig. 8 is a block diagram explaining the prin- 
ciple of operation of this emt)odiment. Fig. 9 is a schematic diagram of a pattern matching circuit illustrating an 
40 embodiment of this invention. 

First the principle of operation of this embodiment will be explained with reference to Fig. 8. In Fig. 8 refer- 
ence numeral 51 denotes an input terminal for the linear predictive coefficients of an input signal (input pattern), 
numieral 52 denotes a frequency transformation and distance calculation circuit, numeral 53 denotes an a 
updating variation detection circuit, numeral 54 denotes a residual detection circuit, numeral 55 denotes an 
45 updating circuit, numeral 56 denotes a decision circuit (DEC), numeral 57 denotes a switch (SW). numeral 58 
denotes an output terminal, numeral 59 denotes an input temninal for input of linear predictive coefficients of a 
reference pattem (standard pattem). and numeral 60 denotes a frequency transformation circuit The time 
series a ~ [bq, at,.... ap} of the linear predictive coefficients of the input signal through the input terminal 51 are 
input as tap coefficients to and frequency-transformed by the frequency transfonmation circuit 52 which may 
50 be similar to that shown In Fig. 3A through Fig. 3C. which acts on a unit impulse series. The frequency trans- 
formation circuit is similar to an FIR filter, but its delay elements have been replaced by all-pass filters. Thus, 
the frequency transfonnation circuit of the frequency transformation and distance calculation circuit 52 performs 
frequency transfonnation conresponding to a parameter a that defines the all-pass filters of an FIR filter to pro- 
duce an output impulse series d. 

55 The time series a = {ao, ai Sp} of linear predictive coefficients of the reference signal is subjected only 

to a standard frequency transformation in the frequency transformation circuit 60. obtaining 9 = {do. Si 3^}. 

In this case the parameter defining the all-pass filters has the fixed value Oo. 

Next, the distance calculation circuit in the frequency transformation and distance calculation circuit 52 gen- 
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erates the distance d between the frequency-transfornned linear predictive coefficients d and 3, where 

d = S - a = {do. di dq} = {So - flo* ^1 - 3i - SJ. 

At this time, an impulse response g expressing the variation in d when the parameter a is moved is obtained 
from the a updating variation detection circuit 53. which comprises an FIR filter similar to the frequency trans- 
fomnation circuit. 

The parameter a is continuously updated so as to minimize the distance d. If a(n) is the parameter a after 

the n-th update and d(n) = {do(">, di("> dq(")} is the distance d after the n-th update, then the parameter a(n + 

1) after the next update is given by : 



oc(n*l) 



dj(n)gj(n)/Z^(gj(n))2 



This calculation is performed by the a updating circuit 55. The initial value of a is the value oo used in the 
frequency transformation of the linear predictive coefficients a of the reference signal. 

When the decision circuit 56 obtains from the parameter a(n) and the updated parameter a{n + 1 ) the result 
|{a(n + 1) - a(n)}/a(n)| < e (where e is a threshold value), the residual detection circuit 54 outputs the result of 
the following calculation through the switch 57 : 

= ii '■'■(n.l)'' 

This de is the residual left when frequency control is adaptively performed to minimize the distance between 
the linear predictive coefficients a of the input signal and the reference linear predictive coefficients a ; that is, 
it is the residual left after pattern matching on the frequency axis. The frequency transfonmation circuit in the 
frequency transformation and distance calculation circuit 52 can be the one identical to that shown in Fig. 3A 
to Fig. 3C. 

An explanation will now be given of the operation of the circuit in Fig. 9, which embodies the principles of 
operation just described for pattem matching on the frequency axis. Component elements in Fig. 9 that are 
identical to elements in Fig. 8 are indicated by the same reference numerals. The memory (MEM) 60a holds 
precalculated values oHhe linear predictive coefficients 5 obtained by frequency transformation of the linear 
predictive coefficients a of the reference signal and provides output of -3 in order to calculate a distance. The 
frequency transformation and distance calculation circuit 52 comprises a parameter memory (MEM) 52a, a mul- 
tiplier (MPY) 52b, an adder (ADD) 52c, and a register (REG) 52d. The a updating variation detection circuit 53 
comprises a parameter memory (MEM) 53a, a multiplier (MPY) 53b, an adder (ADD) 53c, and a register (REG) 
53d. 

The residual detection circuit 54 comprises a multiplier (MPY) 54a. an adder (ADD) 54b, and a register 
(REG) 54c. The a updating circuit 55 comprises multipliers (MPY) 55a and 55d, adders (ADD) 55b, 55e. and 
55h, registers (REG) 55c, 55f, and 55i, and a divider (DIV) 55g. 

The operation of this embodiment is described next. 

First the time series a of linear predictive coefficients of the input signal is input from the input terminal 51 
to the frequency transfonmation and distance calculation circuit 52. This circuit 52 uses the multiplier 52b, the 
adder 52c, and the register 52d to multiply and add the input linear predictive coefficients with the series of 
constant values output from the memory 52a (which consist of the parameter a and an impulse series as des- 
cribed eariier). If the frequency-transformed reference data -a stored in the memory 60a are placed in the regi- 
ster 52d as initial values, the result of the multiply-add calculation described above is the distance d. 

At the same time, the linear predictive coefficients are input by the a updating variation detection circuit 
53. This circuit 53 uses the multiplier 53b, the adder 53c, and the register 53d to multiply and add the series 
of constant values output from the memory 53a and the input linear predictive coefficient series, yielding as 
output the variations g. The initial value of the register 53d in this operation is "0." 

Next, the residual detection circuit 54 uses the multiplier 54a to square the distance time series d received 
from the a updating variation circuit 53. and uses the adder 54b and register 54c (which is initialized to "O") to 
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add the results and obtain the residual d«. The true matching residual is not obtained, however, unless the. 
values of a converge. The control for this purpose will be described later. 

Next the a updating circuit 55 uses the multiplier 55a. the adder 55b, and the register 55c to multiply and 
add the distance time series d with the output g of the a updating variation detection circuit 53 to obtain Z d • 
5 g. At the same time, the multiplier 55d squares the output of the updating variation detection circuit 53, and the 
adder 55e and register 55f obtain the sum Lg^ Next the divider 55g performs the division Sd • g/Sg^, and the 
adder 55h adds the previous value of a in the register 551 (at the start time this is the initial value) to obtain a 
new value of a. 

The decision circuit 52c decides whether the value of a obtained in this way has converged or not. If it 
10 decides that the value has not converged, the updated value of a is used to change the values in the memory 
52a and the memory 53d. If the range of is limited, the memory 52a and the memory 53d can be implemented 
as ROM circuits containing, in each memory, a calculated value for each value of a that can be selected. 

The atx>ve-described operation is repeated until the value of a converges. When the decision circuit 56 
decides that the value has converged, it doses the output control switch 57, and the output d« of the residual 
15 detection circuit 54 calculated with the value of a determined at this time becomes the output at the output ter- 
minal 58 representing the pattem matching residual on the frequency axis. 

In the at>ove configuration, a first and a second seriesof constant values corresponding to parameter values 
determining frequency transformation quantities are held in memory means, multiply-add operations are per- 
fonned on these series of constant values and linear predictive coefficients representing features to calculate 
20 frequency-transformed linear predictive coefficients, distances, and variations, and parameter matching on the 
frequency axis is performed with adaptive control of the parameters, so the circuit can be compact and simple 
in configuration, and precise pattern matching on the frequency axis can be performed. It is thus possible to 
provide inexpensive speech recognition equipment with an improved rate of recognition. 

A modification of the frequency transformation circuit incorporated in the above-described pattern matching 
25 system is shown in Fig. 10. 

In Fig. 10 the numerals 101-0, 101-1,..., 101-P, 102-1, 102-2 102-N, and 103 denote terminals, 104 is 

an oscillator, 105-1, 105-2 105-P are Nth-order all-pass-filters (APFs), 106-0, 106-1, 106-2 106-P are 

amplifiers, and 107 is an adder. The Nth-order APFs 105-1, 105-2 105-P all have the same transfer function: 

30 
35 

where the aic are constants such that |ait| < 1 (k = 1 N) and A is the constant 1 or - 1. Values in the range 

from - 1 to 1, corresponding to the desired frequency transformation characteristic, are input at the terminals 

102-1 102-N, and the value 1 or - 1 is input at the terminal 103. The values from the terminals 102-1 

102-N are furnished to all the Nth-order APFs 105-1, 1 05-2,..., 105-P to set the values ai, awof the transfer 

40 function of the APFs 105-1, 105-2 105-P. The input value at the tenminal 103 is also furnished to all the Nth- 
order APFs 1 05-1 , 1 05-2 1 05-P to set the value A is the transfer function of the Nth-order APFs 1 05-1 , 1 05-2, 

105-P. The terminals 101-0. 101-1, 101-2 101-P receive the first sample data, the second sample data. 

the third sample data,..., the (P 1}-th sample data of the digital signal to be frequency-transformed. The data 
from the terminals 101-0, 101-1, 101-2 101-P are supplied to the amplifiers 106-0, 106-1, 106-2 106-P 

45 to set the gain of the amplifiers 106-0, 106-1, 106-2...., 106-P. Next an output signal from the oscillator 104, 
which generates a digital unit impulse signal, is applied to the amplifier 106-0 and the Nth-order APF 105-1. 

P-1 Nth-order APFs. namely the Nth-order APFs 105-2, 105-3 105-P, are connected in series to the output 

of the Nth-order APF 105-1. The outputs from the Nth-order APFs also become the inputs to the amplifiers 106- 
1, 106-2 106-P. Accordingly, the amplifier 106-0 amplifies the output signal from the oscillator 104 with a 

50 gain set by the data from the terminal 101-0. The amplifiers 106-1, 106-2 106-P amplify the output signals 

from the Nth-order APFs 105-1, 105-2 105-P with gains set by the data from the temiinals 101-1, 101-2,.... 

101-P. The output signals from the amplifiers 106-0, 106-1, 106-2,.... 106-P are received by the adder 107, 

which adds all the output signals from the amplifiers 106-0. 106-1, 106-2 106-P. The output from the adder 

107 is a signal with a transformed frequency structure, derived from a digital signal having as its first sample. 

55 second sample, third sample..... (P + 1)-th sample the data from the tenminals 101-0, 101-1, 101-2..... 101-P 
by a frequency structure transformation with a characteristic defined by values of a^, 02,.... and A in the for- 
mula for the transfer function of the APFs 105-1. 105-2 105-P set by the values at the temiinals 102-1, 102- 

2 102-N, 103. 
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Fig. 1 1 A and Fig. 1 1 B are characteristic curves showing experimental data obtained with the circuit of the 
above configuration. In both diagrams frequency (Hz) is shown on the horizontal axis and power (dB) on the 
vertical axis. First-order APFs with the transfer function A(Z-i - a)/(1 - dZ-^) were employed as the Nth^rder 
APFs. The input signal consisted of 129 samples of a 1001Hz sine wave sampled at a rate of 8kHz. As the 
5 parameters A and a that detenmined the frequency structure transformation characteristic, a value of 1 was 
used for A and a value ofi'-^.S for a. As can be seen by examining the transformation from Fig, 1 1A, which 
shows the power spectrurh of the untransfonned signal, to Fig. 1 1B, which shows the power spectrum of the 
transformed signal, it is possible to transform the frequency characteristic without changing the power. 

In this embodiment once the values from the terminals 102-1. 102-2,.... 102-N. 103 are set they remain 
10 fixed during circuit operation, but it would be useful for a plurality of adaptive purposes to vary these values 

over time. Also, although the transfer functions of all the Nth-order APFs 105-1. 105-2 105-P were identical. 

it would be useful for a plurality of adaptive purposes to vary the transfer functions of the Nth-order APFs 105-1. 
1 05-2 1 05-P with respect to each other. 

As explained above, in the above configuration, there are many parameters for determining the frequency 
15 structure transfomnation characteristic, so a variety of frequency structure transformations can be effected. If 
provided with speech signal Input, the circuit of the above configuration can also be used in speech signal pro- 
cessing apparatus. If provided with the impulse response of a filter as input this circuit can further be used in 
a filter characteristic transformer, and if provided with speech recognition features as input it can be used in a 
speech feature transformer. 
20 Another modification of the frequency transformation circuit is shown in Fig. 12 and Fig. 13. 

It is seen from Fig. 3C. that the values at the points 49-0. 49-1. 49-2 49-P are constants. It follows that 

the all-pass circuits 31z-1, 31z-2 31z-P in Fig. 3C can be configured as in Fig. 12 using ROMs 221-1 

221 - P wherein the constant values are stored. In other words, the time-series output of the frequency-transfor- 
med signal can be obtained from the output terminal 223 in Fig. 12 by means of a multiply-add operation per- 

25 formed on constant values from the ROMs 221-1,.,., 221-P and the input signals received from the terminals 

222- 0, 222-1 222-P, 

It follows that the circuit of this embodiment can be configured as shown in Fig, 13. In Fig. 13 the numeral 
201 denotes a ROM. 202 is a RAM, 203 is a parallel multiplier. 204 is an adder. 205 is a register (REG), and 
47 is an output terminal. The ROM 201 corresponds to the ROMs 21-1 21-P in Fig. 12. Locations Xo^ in 

30 the ROM 201 contain a sequence of values corresponding to the constant values at the points 49-0, 49-1 , 49- 

2 49-P in Fig. 3C when the unit impulse series value is 1. Locations Yq-p in the ROM 201 contain a sequence 

of values corresponding to the constant values at the points 49-0, 49-1, 49-2 49-P in Fig. 30 when the next 

unit impulse series value is 0. Locations Zq-p in the ROM 201 contain a sequence of values corresponding to 
the constant values at the points 49-0. 49-1 , 49-2,.... 49-P in Fig. 3C when the P + 1-th sample of the unit impulse 

35 series value is 0. The RAM 202 contains the input signal series from the terminals 43-0. 43-1,.... 43-P, 
Next the operation of the above-described circuit will be explained with reference to Fig. 13. 
First the multiplier 203 multiplies Xo in the ROM 201 with H in the RAM 202. The result is added by the 
adder 204 to the initial 0 output from the register 205 and the sum is placed in the register 205. Next the multiplier 
203 multiplies Xi in the ROM 201 with I in the RAM 202. The result is added by the adder 204 to the previous 

40 result in the register 205 and the sum is placed in the register 205. This process is repeated through Xq-p in 
the ROM 201 and L in the RAM 202, and a time series output No. 0 is obtained from the output terminal 47. 

Next the same process is perfonmed on the Y(yp in the ROM 201 and H. I L in the RAM 202, obtaining the 

next time series outpuL If this process is repeated through Zq-p in the ROM 201 and H, I L in the RAM 202. 

the entire frequency-transfonmed output is obtained from the output terminal 47, 

45 The above-described frequency transformation circuit can be made small in scale and simple in circuit con- 

figuration. 



Claims 

50 

1 . A system for pattern matching on the frequency axis, comprising input means (1, 31) to receive signals 
which are a function of an input speech signal, reference signal means (2. 32) for providing a reference signal 
representative of input speech, comparison means (34) for making a comparison between the signals from the 
input means and the reference signals, and adaptive control means (33) for adapting the signals used in the 
55 comparison in dependence upon the result thereof, characterised by 

(a) the signals received by said input means comprising linear predictive analysis coefficients (43) of the 
input speech signal ; 

(b) transformation means (31) including means for providing a series of outputs connesponding to the fre- 
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quency transfonnriation performed by a sequence of all-pass filters (31z-1. 31z-2...) on a unit impulse (42), 
means (31c-D. 31c-1, 31c-2...) for receiving the linear predictive analysis coefficients (43-1, 43-2) for use 
as respective tap coefficients for weighting said outputs, and means (31a-1, 31a-2, 31a-3...) for combining 
the resulting weighted output signals to provide frequency transformed linear predictive analysis coefft- 
5 cients ; 

(c) the reference signal means (32) being operative to output linear predictive analysis coefficients conre- 
sponding to a frequency transformed reference signal derived from linear predictive analysis coefficient of 
a reference speech signal, and 

(d) said adaptive control means (33) including means (34) for calculating a distance between the respective 
10 linear predictive analysis coefficients from the transformation means (31) and the reference signal means 

(32), means (41) for controlling the values of at least one of the frequency transformed signals such as to 
minimise said distance, and means responsive to said distance for generating a pattern matching residual 
(de) on the frequency axis. 

2. A frequency transformation system according to claim 1, wherein said transformation means (31) com- 
15 prises a plurality of all-pass filters (31z-1, 31z-2...) connected in series to provide said series of outputs, a first 

one of the all-pass filters having means (42) for receiving a unit impulse ; multiplying means (31c-D, 31c-1, 31c- 
2) for multiplying the outputs from the all-pass filters by respective ones of said tap coefficients (43-1 , 43-2...) 
and an adder (31a-1, 31a-2...) for adding together signals obtained from said multiplying means to produce 
said frequency transformed linear predictive analysis coefficients ; and said adaptive control means (33) 
20 includes means (41) for controlling the transfer function characteristics of the all-pass filters. 

3. A frequency transformation system according to claim 2 wherein the transfer functions of said all-pass 
filters are all the same. 

4. A frequency transformation system according to claim 2 wherein the transfer functions of said all-pass 
filters differ from each other. 

25 5. A frequency transformation system according to claim 2 wherein the transfer function of said all-pass 

filters are varied over time. 

6. A frequency transformation system according to any preceding claim wherein said reference signal 
means (32) includes a reference filter including a sequence all-pass filters for performing a frequency transfor- 
mation on an input unit impulse signal, means to receive linear predictive analysis coefficients of a reference 

30 speech signal as tap coefficients for the reference filter, said reference filter outputting said linear predictive 
analysis coeficient corresponding to the frequency transformed reference speech signal. 

7. A frequency transfomnation system according to claim 6 wherein said adaptive control means (33) is 
operative to alter the filter characteristics of the reference filter. 

8. A frequency transformation system according to claim 1 wherein said transformation means includes a 
35 plurality of memory means (221-1. 221-2..,) for outputting said outputs conresponding to the frequency trans- 
formation performed by a sequence of all-pass filters on an input signal, multiplying means for multiplying said 
memory outputs by the linear predictive analysis coefficients (43-0, 43-1...) for the input speech signal, and 
adding means for adding the resultant signals produced by the multiplying means and thereby producing said 
frequency transformed linear predictive analysis coefficients (47) for the input speech signal. 

40 9. A system according to claim 8, wherein the linear predictive analysis coefficients are cepstral coefficients. 

10. A system according to any preceding daim, including dynamic pattern matching means (4) responsive 
to said pattern matching residual (de) for performing pattern matching on the time axis. 

45 Patentanspruche 

1 . Anordnung zum Vergleichen von Mustern auf der Frequenzachse mit einer Eingangsvonrichtung (1.31), 
um Signale, die eine Funktion eines Eingangssprachsignals sind, zu empfangen, einer Bezugssignalvorrich- 
tung (2, 32). um ein Bezugssignal zu liefern, das Eingangssprache vertritt, einer Vergleichsvorrichtung (34), 
50 um einen Vergleich zwischen den SIgnalen von der Eingangsvorrichtung und den Bezugssignalen zu Ziehen, 
und einer anpassungsfShigen Steuerungsvon^ichtung (33). um die Signale. die in dem Vergleich in Abhangig- 
keit von dessen Ergebnis benutzt werden. anzupassen. gekennzeichnet durch 

(a) die von der Eingangsvomchtung empfangenen Signale mit linearen voraussagenden Auswertungskoef- 
fizienten (43) des Eingangssprachsignals ; 
55 (b) eine Umwandlungsvorrichtung (31). die eine Vonrichtung einschliesst, um eine Reihe von Ausgangen 

zu liefern, die der Frequenzumwandlung entspricht, welche von einer Folge von Allpassfiltern (31z-1. 31z- 
2...)auf einem Einheitsimpuls (42) durchgefuhrtwird, eine Vonrichtung (31c-D. 31c-1. 31c-2...), umdie line- 
aren voraussagenden Auswertungskoeffizienten (43-1, 43-2) zum Gebrauch als entsprechende 
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Abgriffskoeffizienten zu empfangen, um die Ausgange zu bewerten, und eine Vorrichtung (31a-1. 31a-2, 
3 1a-3...). um die sich ergebenden bewerteten Ausgangssignale zu komblnieren. um durch Frequenz umge- 
wandelte llneare voraussagende Auswertungskoefftzienten zu liefem ; 

(c) die Bezugssignalvorrichtung (32), betriebsfahig, um llneare voraussagende Auswertungskoeffizienten 
auszugeben. die einem durch Frequenz umgewandellen Bezugssignal entsprechen. das von dem linearen 
voraussagenden Auswertungskoeffizienten eines Bezugssprachsignals abgeleitet ist, und 

(d) die anpassungsfahige Steueaingsvorrichtung (33) mit einer Vorrichtung (34) zum Enrechnen einer Ent- 
fernung zwischen den entsprechenden linearen voraussagenden Auswertungskoeffizienten von der 
Umwandlungsvorrichtung (31) und der Bezugssignalvomchtung (32). einer Vorrichtung (41) zum Steuem 
der Werte wenlgstens eines der durch Frequenz umgewandelten Signale, um die Entfernung auf ein Min- 
destmass herabzusetzen. und einer auf die Entfernung ansprechende Vorrichtung, um einen Musterver- 
gletchsrestwert (de) auf der Frequenzachse zu erzeugen. 

2. Frequenzumwandlungsanordnung nach Anspruch 1, worin die Umwandlungsvorrichtung (31) eine Viel- 
zahl von in Reihe geschalteten AJIpassfiltern (31z-1. 31z-2...) enthait. um die Reihe von AusgSngen zu liefem, 
wobei ein erster der Allpassfilter eine Vonichtung (42) hat, um einen Einheitsimpuls zu empfangen ; eine Mul- 
tiplikationsvonrichtung (31c-D. 31c-1. 31c-2). umdie AusgSnge von den Ailpassfiltem mit entsprechenden der 
Abgriffskoeffizienten (43-1. 43-2...) zu multiplizieren. und einen Addierer (31 a-1. 31a-2...), um Signale. die von 
der Multlplikationsvorrlchtung erhalten werden. zu addieren, um die durch Frequenz umgewandelten linearen 
voraussagenden Auswertungskoeffizienten herzustellen ; und die anpassungsfahige Steuerungsvorrichtung 
(33) eine Vorrichtung (41) zum Steuern der Obertragungsfunktionskennzeichen der Allpassfilter enthSlt. 

3. Frequenzumwandlungsanordnung nach Anspruch 2, worin die Obertragungsfunktionen der Allpassfilter 
samdich gleich sind. 

4. Frequenzumwandlungsanordnung nach Anspruch 2, worin die Obertragungsfunktionen der Allpassfilter 
voneinander verschieden sind. 

5. Frequenzumwandlungsanordnung nach Anspruch 2. worin die Obertragungsfunktion der Allpassfilter mit 
der Zeit geandert werden. 

6. Frequenzumwandlungsanordnung nach einem der vorhergehenden Anspruche. worin die Bezugssignal- 
vorrichtung (32) einen Bezugsfilter mit einer Folge von Ailpassfiltem einschliesst. um eine Frequenzumwand- 
lung auf einem Eingangseinheitsimpulssignal durchzufuhren, eine Vomchtung. um lineare voraussagende 
Auswertungskoeffizienten eines Bezugssprachsignals als Abgriffskoeffizienten fur den Bezugsfilter zu empfan- 
gen. wobei der Bezugsfilter den linearen voraussagenden Auswertungskoeffizienten ausgibt, der dem durch 
Frequenz umgewandelten Bezugssprachslgnal entspricht. 

7. Frequenzumwandlungsanordnung nach Anspruch 6, worin die anpassungsfahige Steuerungsvonrich- 
tung (33) betriebsfahig ist, um die Filteri^ennzeichen des Bezugsfilters zu §ndem. 

8. Frequenzumwandlungsanordnung nach Anspruch 1, worin die Umwandlungsvonichtung eine Vielzahl 
von Speichervonrichtungen (221-1. 221-2,..) einschliesst um die Ausgfinge. die der Frequenzumwandiung ent- 
sprechen. welche von einer Folge von Ailpassfiltem auf ein Eingangssignal durchgefahrt werden. auszugeben, 
eine Multiplikationsvonrichtung. um die Speicherausgange mit den linearen voraussagenden Auswertungskoef- 
fizienten (43-0, 43-1.,.) fur das Eingangssprachsignal zu multiplizieren, und eine Additions vorrichtung, um die 
sich ergebenden, von der Multiplikationsvorrichtung hergestellten Signale zu addieren, und dadurch die durch 
Frequenz umgewandelten linearen voraussagenden Auswertungskoeffizienten (47) fur das Eingangssprach- 
signal herzustellen. 

9. Anordnung nach Anspruch 8, worin die linearen voraussagenden Auswertungskoeffizienten Cepstral- 
koeffizienten sind. 

10. Anordnung nach einem der vorhergehenden Anspruche. die eine dynamische, auf den Musterver- 
gleichsrestwert (de) ansprechende Vorrichtung zum Vergleichen von Mustem (4) einschliesst. um Vergleichen 
von Mustem auf der Zeltachse durchzufuhren. 



Revendlcatlons 

1 . Syst6me d'appariage de module dans I'axe de frequence, comportant des moyens d*entr6e (1,31) rece- 
vant des signaux fonction d*un signal vocal d'entr^e. des nrx)yens (2, 32) apportant un signal de r6f6rence repr6- 
sentatif d*entr6e vocale, des moyens (34) de comparaison permettant la comparaison entro les signaux venant 
des moyens d*entr6e et de r6f6rence. et des moyens de contrOle adaptatif (33) pour adapter les signaux exploi- 
t's dans la comparaison en fonction du r^sultat. caractdrls^ par, 

(a) les signaux re^us desdits moyens comportant des coefficients lin^aires d'analyse pr'visionnelle (43) 

du signal vocal d'entr'e ; 
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(b) des moyens de transformation (31) cx)mportant une s6rie de sorties correspondant d la transformation 
de fr6quence effectu6e par une s6quence de filtres passe-tout (31z..1. 31z-2..) sur une impulsion unitaire 
(42), des moyens de r6ception (31o-D. 31c-1 , 31c-2..) de coefficients Iin6aires d'analyse pr6visionnelIe (43- 
1, 43-2) servant res pectiv erne nt comma coefficients de captage pour ta pond6ration desdites sorties, et 

5 des moyens (31a-1, 31a-2, 31a-3„.) de combinaison des signaux pond6r6s qui en r6sultent pour obtenir 

des coefficients Iin6aires d'analyse pr6visionnelle de fr6quence transfonn6e ; 

(c) les nrrayens de signal de rdfdrence (32) 6tant fonctionnels pour la sortie de coefficients Iin6aires d'ana- 
lyse pr6visionnelles correspondant ^ un signal de r6f6rence de frequence transfonmde d6nv6 du coefficient 
lin^aire d'analyse pr^vistonnelle d'un signal vocal de r^f^rence. et 

10 (d) lesdits moyens r6gulateurs d'adaptation (33) comportant des moyens (34) de calcul d'une distance 

entre les coefficients respectifs iin6aires d'analyse pr6visionnelle des moyens de transfomnation (31) et 
les moyens de signal de r6f6rence (32). des moyens r6gulateurs (41 ) de valeurs d'un minimum d'un signal 
de frequence transfomn^e de manidre d minimiser ladite distance, et des moyens r6pondant A ladite dis- 
tance pour la g6n6ration d'un r6siduel (de) d'appariage de module sur Taxe de fr6quence. 
15 2. Systdme de transformation de frequence selon la revendication 1 , dont lesdits moyens de transformation 

(31) pr6voient une s6rie de filtres passe-tout (31z-1. 31z-2..) raccord^s en s6rie pour assurer ladite s6rie de 
sorties, un premier filtro passe-tout ayant des moyens (42) de reception d'impulsion unitaire ; des moyens mul- 
tiplicateurs pour multiplier les sorties desdits filtres passe-tout par les sorties respectives desdits coefficients 
de captage (43-1, 43-2..) et un cumulateur (31a-, 31a-2..) assurant le cumul des signaux obtenus desdits 
20 moyens multiplicateurs pour obtenir lesdits coefficients Iin6aires d'analyse pr6visionneIle en frequence trans- 
form6e ; et dont lesdits moyens r6gulateurs adaptateurs (33) pr6voient des moyens r6gulateurs (41 ) des carac- 
t^ristiques de fonctlon de transfert des filtres passe-tout 

3. Syst6me de transformation de frequence selon la revendication 2 dont les fonctions de transfert desdits 
filtres passe-tout sont toutes Identiques. 
25 4. Syst6me de transformation de frequence selon la revendication 2. dont les fonctions de transfert desdits 

filtres passe-tout varient I'une par rapport d I'autre. 

5. Syst6me de transformation de frequence selon la revendication 2. dont les fonctions de transfert desdits 
filtres passe-tout varient dans le temps. 

6. Syst6me de transformation de frequence selon Tune des revendications ant6rieures, dont lesdits moyens 
30 de signal de r6f6rence (32) comportent un filtre de r6f6rence pr6voyant une s6rie de filtres passe-tout pour 

effectuer la transformation de fr6quence de signal d'entr6e d'impulsion unitaire, des moyens de r6ception de 
coefficients lin^aires d'analyse pr^visionnelle d'un signal vocal de r6f6rence comme coefficients de captage 
du filtre de r6f6rence, ledit filtre de r6f6rence transmettant ledit coefficient lin6aire d'analyse pr6visionnelle 
correspondant au signal vocal de r^fdrence en frequence transform^e. 
35 7. Syst^me de transformation de frequence selon la revendication 6. dont les moyens r6gulateurs-adap- 

tateurs (33) sont fonctionnels pour modifier les caract6ristiques de filtre de r6f6rence. 

8. Syst6me de transformation de fr6quence selon la revendication 1 , dont lesdits moyens de transformation 
pr6voient une s6rie de m6moires (221-1 , 221-2..) pour la transmission desdites sorties conrespondant ^ la trans- 
formation de frequence effectu6e par une s6rie de filtres passe-tout sur un signal d'entrde, des moyens mul- 

40 tipiicateurs pour multiplier lesdites sorties de m6n>oire par les coefficients Iin6aires d'analyse pr6visionnelle 
(43-0. 43-1) pour le signal vocal d'entr6e. et des moyens de cumul pour ajouter les signaux qui en resultant 
produits par les moyens multiplicateurs. assurant ainsi les coefficients Iin6aires d'analyse pr^visionnelle (47) 
pour le signal vocal d'entr^e. 

9. Syst6me selon la revendication 8. selon lequel les coefficients lin6aires d'analyse pr6visionnelle sont 
45 des coefficients de nature cepstrale. 

10. Syst^me selon Tune ou I'autre des revendications ant6rieures, comportant des moyens d'appariage 
de module dynamique (4) r^pondant audit rdsiduel (de) d'appariage de module pour assurer Tappartage de 
module dans I'axe du temps. 
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